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　1.　Introduction
Recently, the advancement in communication 
and entertainment devices including smartphones, 
tablet terminals, in-car navigation systems, portable 
music players, portable game machines, and so on 
is tremendous. 
In audio signals including music and speech 
sounds, noise is a large problem because it annoys 
us and makes it difficult to recognize information. 
Therefore, it is very important to reduce or cancel 
or eliminate the noise as large as possible, while the 
details of the signals are conserved. 
Table 1 shows a classification of noise reduction 
methods that are generally used for sound signals. 
They are able to be divided into two regions, in case 
of using a single microphone or multi microphones. 
Moreover, in the process of noise reduction there 
are two methods, that are spectrum (frequency) 
analysis and time-axis one.
In using a single microphone there are a spectrum 
subtraction (SS)(1), (2), (3), a r unning spectr um 
analysis (RSA)(3), (4), (5), (6), a Wiener filter (7), (8), a 
Kalman filter (9), (10), a lattice filter (11), (12), a median 
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filter (13), (14) and so on.  On the other hand, in using 
multi microphones, a microphone array (15) and 
an adaptive noise canceller (ANC)(16), (17), (18) are 
proposed. 
In the SS method, the extracted noise spectrum 
is subtracted from the received signal spectrum. 
The noise is estimated from the signal during non-
verbal periods, etc. 
About the RSA method, a region of large changes 
in the time response for the received signal spec-
trum is selected because the noise spectrum does 
not largely change in the time response. 
The Wiener filter uses a least mean square 
algorithm, and estimates the noise-free signal from 
the received signals. It assumes known stationary 
signal and noise spectra.
The Kalman filter has been applied in many fields 
such as a radar system, an in-car navigation system, 
a satellite control, an image enhancement (19), (20). 
It produces estimates of noise-free signals from 
time varying observation signals with the noise. 
In the filter a state equation and an observation 
equation are modeled for the dynamical system. 
The state signals are estimated so as to become the 
estimation error smaller.
The lattice filter selects a pitch frequency and the 
harmonic one in voice signals.
A famous median filter is a simple smoothing 
operation with which one calculates a median value 
of the audio signals inside a moving window around 
the center samples.  This filter has been recognized 
as a simple and useful audio signal correction 
technique while the clear and sharp sound is 
preserved to a certain degree.
The ANC estimates noise elements and adds 
these elements with the reverse phase to the re-
ceived signal.
We have studied the fuzzy median filter in order to 
reduce the impulse noise from color images (21).  As 
the results of the fuzzy median were very effective 
in spite of the simple algorithm and the calculation, 
we will also apply the filter to the reduction of audio 
noises.
As we have effective results from the experiments 
to some degree, we show the method and the re-
sults.
In Section 2, we briefly describe the fuzzy median 
filter for the reduction of audio noises. We state a 
definition of the MSE (Mean Square Error) and the 
SH (Sharpness) in order to evaluate the corrected 
signals in Section 3, and the experimental results by 
the computer are shown there.  Finally, the paper is 
Microphone Method Processing Analysis References
SS (Spectrum Subtraction) Eliminate an estimated noise spectrumfrom received signals
Spectrum
(1), (2), (3)
RSF (Running Spectrum Filter) Select large time changes in signalspectrums
Spectrum
(3), (4), (5), (6)
Wiener filter Using a least mean square algorithm,estimate a noise free signal
Time
(7), (8)
Kalman filter Using a state equation and an observationequation, estimate a noise-free signal
Time
(9), (10)
Lattice filter Select a pitch frequency and its haromnicone  in a voice signal
Time
(11), (12)
Median filter
Select the median value among some
samples before and behind the terget
sample
Time
(13), (14)
Microphone array Estimate a speaker's position, and reducta noise by beam forming
Time
(15)
ANC (Adaptive noise canceller) After estimation of noise elements, add thenoise element with the revese phase
Time
(16), (17), (18)
Single
Multi
Table 1  The classification of noise reduction methods.
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briefly summarized in Section 4.
2.　Fuzzy Median Filter
2.1　Gaussian Noise
For the experiments we use a ringing bell sound 
of cell phones and a musical sound which are 
coded by the WAVE audio file format with a 16-bit 
resolution. 
The Gaussian noise is computed as follows. We 
generate twelve fractional random numbers from 0.0 
to about 0.9999 by using a library function of “rand” 
in the C programming language so as to rand( )/
RAND_MAX, where the RAND_MAX in general is 
32,768 (=215). In addition, we calculate the sum S of 
these twelve numbers, and do n = (S - 6.0) / 12.0. 
The range of n is from -0.5 to 0.5, and the average 
is 0.0. The n multiplied by AMP (i.e. n×AMP) is the 
noise, which is added to the source signals. This 
additive noise is not real Gaussian, but pseudo-
Gaussian exactly.  The AMP changes to 1.0E4, 
1.0E5, and 1.0E6 in the experiments.
The noise rate is changed as follows.  We also 
generate one fractional random number r from 0.0 
to about 0.9999 the same as before, and choose a 
slice level s, which is from 0.0 to 1.0.  If the random 
number r is greater than the slice level s, the 
pseudo-Gaussian noises are added to the samples. 
But the number r is not greater than the level s, the 
noise is not added.  Therefore if the level s is 0.8, 
the noise rate is 20 %.
2.2　Median Filter
The median filter outputs the median value of the 
samples in the (2k+1) window Wi, that is centered at 
Xi, where k is an integer greater than or equal one. 
The output Mi of the median filter is defined as 　
Wi = {Xi-k,・・, Xi,・・, Xi+k}  (1)
Mi =median{Wi}.  (2), 
where “median” means the calculation procedure of 
the median value.
2.3　Fuzzy Median Filter
We introduce a fuzzy flag fi indicating how much 
the received signal looks like a noisy sample. 
The flag fi is the membership function with two 
parameters, defined as 
            0     mi ≦ T1
fi =  (mi － T1)/ (T2 － T1)    T1 ≦ mi ≦ T2  (3)
            1     mi ≧ T2,
where T1 and T2 are two pre-determined parameters, 
and mi, the maximum value of the absolute diffe-
rences between the values of the center sample Xi 
and the adjacent samples, is defined as follows:
mi ＝ max{| Xi － Si |} 
Si ∈ Wi  and  Xi ≠ Si .
The value mi shows a measure for detecting noises.
After the membership function fi is calculated, the 
filtered output of the signal Yi, is defined as 
Yi = (1 － fi) × Xi ＋ fi × Mi  (4)
From (4), when the function fi is 1.0, the output Yi 
equals the value of the median filter, and if fi is 0.0, 
the output Yi equals the value of the original signal 
Xi , i.e. the unchanged value.
3.　Experimental Results
3.1　MSE
In order to compare quantitatively the perfor-
mance of these filters we have discussed, the mean 
square error (MSE) between the input and output 
signals is evaluated.  The MSE is given by 
MSE= Σ (Xi － Yi)2 / N   (5),
where Xi and Yi are the values for the input and the 
output signal at sample position i, respectively, N is 
the number of the total samples. The MSE is able to 
evaluate the residual noise for the corrected signals. 
3.2　SH
In addition, in order to evaluate the sharpness 
(SH) of sound signals, i.e. the preservation of the 
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detail, we introduce the sharpness (SH) as follows:
SH ＝Σ (Xi － Xi+1)2 / (N － 1)  (6),
where Xi+1 is the sample value just right adjacent 
sample to Xi. If the SH value for the corrected signal 
is close to that for the original signal (i.e. the noise-
free signal), we can estimate that the corrected 
signals preserve the details and the clear sound 
without noises. 
3.3　Test Sounds
We use two sound sources in the experiments, 
the bell sound of cell phones, and the vocal music 
sound. Those signals have a mono channel of the 
16-bit resolution with a sample rate of 22.05 kHz. 
The bell sound is composed with some simple spec-
trums, and a period of the bell ringing is about 0.95 
s, one of the no-ringing is 1.35 s. The duration of the 
test sound is about 3.6 s. On the other hand, that of 
the music sound is about 6.4 s.
3.4　Experiment Results
Figure 1 is illustrated an example of a fuzzy 
membership function fi with two parameters, T1
＝ 15,000 and T2 ＝ 25,000.  The horizontal axis 
shows mi, that is the maximum value of absolute 
differences between the sample value of the center 
and the adjacent sample values. The vertical axis 
is the fuzzy membership degree. It is made up of 
three piecewise linear segments.  The ranges of 
mi ＜T1, T1 ＜mi ＜T2, and mi ＞T2 show the sharp 
preser vation of the original signals, the partial 
augmentation, and the full correlation using the 
median filter, respectively. 
Figure 2 shows the waveforms for the bell sound, 
(a) is the source signal with noise-free, (b) is the 
source signal adding the noise signal with the noise 
amplitude AMP＝1.0E4 and the noise rate of 20 %, (c) 
is the median filter signal with the window length 
Lw＝5, and (d) is the proposed filter signal (i.e. the 
fuzzy median filter signal) with the window length 
Lw＝5, T1＝5 and T2＝24,000.  The horizontal axis 
shows the time dimension by the sample number, 
i.e. one sample period is 45.4 μs (＝1 second/22.05 
kHz).
From the Figure 2(c) the every waveform, es-
pecially for the beginning region is destroyed 
heavily, though the additive large noises are almost 
removed.  On the other hand, the proposed filter 
signal (d) is almost similar to the source signal (a), 
in spite of existing small noises that are left partially.
Figure 3 shows the MSE values obtained by 
0
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Figure 1   An example of a fuzzy membership 
function.
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Figure 2   Waveforms for the bell sound, (a) is the 
source signal with noise-free, (b) is the 
source signal adding the noise signal, (c) 
is the median filter signal, and (d) is the 
proposed filter signal.
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var ying the noise rate for the bell sound. The 
horizontal axis shows the noise rate within the range 
from 10 % to 50 %.  The dotted line with the diamond 
plots displays the MSE values for the corrupted 
signal by the noise whose amplitude is 1.0E5, the 
broken line with the square plots does these for the 
conventional median filter with the window length 
of 5, and the solid line with the circular plots does 
these for the proposed filter with the window length 
of 5 and T1＝5, T2＝24,000.  If the MSE values are 
smaller than those for the corrupted signal, there 
is a reduction effect for the noise.  From the figure 
it is seen that the proposed filter is better than the 
conventional median filter, because the MSE for the 
proposed filter is smaller. Especially on the noise 
rate below 30 % the proposed filter is more effective 
for the noise reduction.
Figure 4 is presented the relationship between 
the MSE values and the noise rate for the proposed 
filter, when T1＝5 and T2＝24,000.  It is found that 
the results of the window lengths of 3 and 5 are 
more ef fective and the residual noises decrease 
to the smaller values than a half of that for the 
corrupted signal.
Figure 5 shows the MSE values against the 
window length Lw for the proposed filter. It is seen 
also that the window lengths of 3 and 5 are optimal 
for the every range of the noises.
Figure 6 represents a relationship between the MSE 
values and the parameter T2 for the membership 
function, when T1 is kept 5, the noise amplitude 
is 1.0E5, and the rate is 20 %.  The horizontal axis 
shows the parameter T2 by the logarithmic scale. 
From this figure the optimum value of T2 is 2.0E4 
in case of Lw ＝ 5, and is 8.0E3 in case of Lw ＝
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Figure 3   The relationship between the MSE and 
the noise rate for the bell sound.
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Figure 4   The relationship between the MSE and 
the noise rate against the window length.
0.0E+00
4.0E+06
8.0E+06
1.2E+07
1.6E+07
2.0E+07
2 4 6 8 10
M
SE
Window length  Lw
10%
30%
50%
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parameter T2 against the window length.
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3.  The optimum value means the parameter T2 
where the MSE values become the minimum value. 
The optimum values of T2 strongly change by the 
window length.
On the other hand the optimal value for the 
parameter T1 is about 5 in ever y case, such as 
against the window length, the noise rate, the noise 
amplitude and the parameter T2.
Figure 7 shows the SH (sharpness) values 
obtained by var ying the noise rate for a noise 
amplitude of 1.0E5. The SH values for the original 
sound, i.e. the noise-free sound, is 1.31E7.  When 
the SH values for the corrected signal are closer 
to 1.31E7, the detail preservation for the corrected 
signal is kept more.
In the figure the broken curve with the circular 
plots displays the SH values for the median filter 
with the window length of 5, and the solid curve 
with the square plots does these for the proposed 
filter with the window length of 5 and T1 ＝ 5, T2 
＝ 24,000.  The closer to 1.31E7 the SH value for 
the corrected signal is, the better the detail in the 
corrected signal keeps preserved. Therefore the 
proposed filter almost does not lose the detail of the 
signal below the noise rate of 20 %.  On the other 
hand, as the SH value for the conventional median 
filter is approximate 5.0E6, it is worse than the 
proposed filter at least below the noise rate of 30 %.
Figure 8 represents the SH values against the 
noise rate for the proposed filter with the noise 
amplitude of 1.0E5, and T1 ＝5, T2 ＝24,000.  From 
this figure it is shown that the better choice is Lw
＝5 in case of the noise rates of 10 % and 20 %, but 
over 30 % that is Lw＝7.
Figure 9 displays the MSE values against the 
noise rate in case of the music sound.  The dotted 
line with the diamond plots shows the MSE values 
for the corr upted signal by the noise whose 
amplitude is 1.0E5, the broken line with the square 
plots does these for the median filter with the win-
dow length of 5, and the solid line with the circular 
plots does these for the proposed filter with the 
window length of 5 and T1＝5, T2＝24,000.
From this figure we can see that the both filters 
decrease the residual noise smaller to below a third 
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Figure 7   The re lat ionship between the SH 
(sharpness) and the noise rate for the 
bell sound.
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Figure 9   The relationship between the MSE and 
the noise rate for the music sound.
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than the corrupted signal. And the median filter 
is more effective a little than the proposed filter, 
because it is assumed that there are not much 
segments for the high frequency in the test sound 
area. 
Figure 10 is presented a relation between the 
MSE values and the noise rate in case of the music 
sound, when T1＝5 and T2＝24,000 for the proposed 
filter.  It is found that the window lengths Lw of 7 
and 9 are more effective and the residual noises 
decrease to the values smaller than a third of that 
for the corrupted signal.
Figure 11 shows the SH (sharpness) values 
obtained by var ying the noise rate for a noise 
amplitude of 1.0E5. The SH value for the original 
sound, i.e. the noise-free sound, is 2.1E6. The median 
filter is more effective than the proposed filter.
3.5　 Comparison of the Results to the Image 
Signals
By using the fuzzy median filter the impulse 
noise reduction for color images was more effective 
than the conventional median filter almost in every 
noise condition (21).  But in case of sound signals its 
effect is restricted in the specific noise conditions, 
and is not as large as that for the images.  The first 
reason is because the window size for images is 
larger than that for sound. For example when the 
integer k for the window in the Equation (1) is one, 
the window size is 9 ( ＝ 3 × 3) for the images, but 
that is only 3 for the sounds. The second reason 
is that the signal range for images is from 0 to 255 
including the noises, but the sound signals is not 
limited.  Moreover, the image noises are restricted 
to impulse ones with the levels of about 0 and about 
255, but the sound noises are the pseudo-Gaussian 
noise.  
From the listening tests the residual noise in 
the corrected signal for the median filter does not 
annoy at all, but the clearness or sharpness of the 
sound is lost consequently the sound is flat, and 
dull. On the other hand, for the proposed filter the 
residual noise is perceived to some extent, but the 
clearness or sharpness is left greatly.  These results 
are also drawn an analogy from the experimental 
results shown in Figures 2, 3, 7, 9 and 11.
4.　Conclusion
This paper presents a fuzzy median filter for 
the removal of the additive Gaussian noises in the 
sound signals. The aim of our proposed filter is 
to remove the noises and to gain the clear sound 
signals while every detail of the signals is preserved 
like the noise-free source. By using the fuzzy 
membership function, our filter is able to correct 
the detected noisy signals with simple procedures. 
As the membership function we select the absolute 
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Figure 11   The relat ionship between the SH 
(sharpness) and the noise rate for the 
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maximum difference in the sound value between 
the center sample and the adjacent samples.  The 
mean square error (MSE) for the proposed filter 
is reduced to the smaller value, and the sharpness 
(SH) is kept almost unchanged to that of the 
original signal as compared to the conventional 
median filter, but the noise reduction ef fect is 
restricted to the condition of the noises, because 
the filter window for the sound signals is smaller 
than that for the image signals.
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